This paper discusscs speech enhancement in an enclosed environment such as communication in a motorcycle helmet. A ncw constrained subband adaptive bcamformer is proposed, which uses the concept of an earlier proposed calibrated beam former mainly developed for a hands-free
INTRODUCTlON
An cfficienl approach to improve speech enhancementhoke suppression is to additionally make use of spatial information. The use of microphone arrays have been studies for many acoustical applications such as hands-free in-car communication, teleconferencing, speech-recogni tion and hearing aids [I]. The source of interest may be corrupted by interfcring signals, echoes or reverberation from the environment, or from other speakers and from ambient noise sources. These environments are generally vcry difficdt to describe by a priors' model, whereby sequences of calibration signals can be used effectively for the design of the beamformers [2] .
Recently, a new calibrated adaptive frequency domain beamformer wa5 proposed which is based on the principle of a soft constraint RLS type of algorithm, formed from calibration data [3] . This constraint may also be precalculated from free-field assumptions a s it is done in [4] , but the benefit from using calibration data is that the acoustical environment, such as information about reverberation and microphone misplacement are taken into account in the model. The algorithm has been shown to produce good results in different environments.
An unwanted gain fluctuation of the output may appear which originates from the recursive updating process of the least square solution. This becomes significant mainly when the signal-to-noise-ratio is changing rapidly. The algorithm make use of thc the second order statistics of the calibration data combined with the actually ohservcd realtime data. When the source from the desired position increases its signal power, the algorithm compensates hy decreasing the level of the weights, which in turn give rise to a decreased output signal power. In this paper we propose a method which make use of the information from the calibration signal, and continuously adjusts the level such that the source of interest i s processed with a constant gain.
Simulation in a rcnl motorcycle environments is presented. Results show that the proposed method significantly reduces these unwantcd gain fluctuations.
PROBLEM FORMULATION
Consider a sccnario whcre the dcsired speech source is located in the near field of a microphone array in a fix position and the noisc sources may change position with h e . Assume there are 1 elements-in the microphone array. In general, the sampled signal received by the microphone clemcnt i can be represcnted by 
Subband beamformer
The soft constraint subband heam former proposed by GrbiE [3] , is based on a calibration and an operational phase. The calibration phase consist of collecting data from the source of interest in a quit environment. The operational phasc use stored second order statistical information calculated in the first phase in combination with the present data to continuously calculate the optimal weights.
The optimal weight vector, derived from the least square solution is formulated in the frequency domain, In the originally proposed calibration subband beamformer, the inverse of (6) is effectively updated, recursively for every time instant. 
Spatially constrained beamformer

SIMULATION AND RESULTS
Conditions
In subsequent sections an evaluation of the proposed approach is presented. We use a uniform over-sampled analysis DFT filter bank, and compare the original proposed adaptive beamformer with the proposed method.
were mounted inside a full face motorcycle helmet in front of the mouth onto the face shield. The space between the microphones were approximately 5 cm. The data were gathered on a portable muItichannel digital audio tape recorder with a sample rate of I2 kHz. The input signal were bandlimited to the frequency band between 300-3400Hz. In order to gather the calibration signal, an utterance of speech from the driver, with the helmet on and the windshield open, were collected bcfore the en,' mine was turn on.
The array, consisting of sex omnidirectional microphones,
Results
To clearly illustrate the effects of the unwanted gain fluctuation of the existing calibrated beamformer a sequence corrupted with ambient motorcycle helmet noise with a high SNR, depicted in figure 2 (a), i s used for this evaluation. The calibration signals power spectrum density (PSD) effects the output PSD of the original beamformer. When the SNR decrease, the spectrum where the power is high from the calibration signal, become higher and vice versa.
With the proposed method the spectrum from the desired location are passed unaltered. Figure 3(a) shows the PSD of the speech and noise at 70 kmlh for the input signal (solid line), the original (doted line) and proposed beamformer (dashed line). Figure 3(b) shows the PSD of the speech and (c) the noise at 70 k m h . It can be seen that the output of the proposed method rollows the spectrum of the input speech signal while the original beamformer are lower at low and high frequencies. 
CONCLUSIONS
A new spatially constrained subband adaptive beamformer used in a motorcycle environment has been presented. The proposed spatial constraints acts only on sources originating from a desired spatial location and thus it preserves the ability to attenuate sources from all other locations. Results from a real conversation with a person driving a motorcycle is presented and the results show no audible effects of output level fluctuation.
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